The work presents the results of experimental study on the possibilities of determining the source of an ultrasonic signal in two-dimensional space (distance, horizontal angle). During the research the team used a self-constructed linear array of MEMS microphones. Knowledge in the field of sonar systems was utilized to analyse and design a location system based on a microphone array. Using the above mentioned transducers and broadband ultrasound sources allows a quantitative comparison of estimation of the location of an ultrasonic wave source with the use of broadband modulated signals (modelled on bats' echolocation signals) to be performed. During the laboratory research the team used various signal processing algorithms, which made it possible to select an optimal processing strategy, where the sending signal is known.
Introduction
Echolocation inspired devices, that function as a sonar in a gas medium have been in development for many years. Due to problems related to generating, transmiting and detecting ultrasonic signals in air (difference between acoustic impedance of the source and gas medium, high attenuation coefficient in gases (Bass et al., 1995; Evans et al., 1972) these are usually designs with one or two sensors that generate a constant frequency ultrasonic wave. Examples of such devices were described in works (Kay, 1964) and (Borenstein, Koren, 1988) . The appliances can be widely used in robotics. They use simple ultrasonic sensors assisted by more or less advanced scanning pulse generation installations and echo signal processing systems. Advanced signal modelling at detection was presented in work (Shi, Horiuchi, 2007) . The described signal processing method is based on bats' neuronal system.
Advanced signal processing with extraction of the parameters of signal amplitude spectrum and an attempt to correlate them with the direction of incidence of ultrasonic wave was described in studies (Peremans et al., 1993; Schillebeeckx, 2008) . The works cover the problem of imaging three-dimensional space using receiving transducers located in artificial auricles modelled on bats' auricles. The use of multichannel techniques and dynamic beamforming (Krim,Viberg, 1996 ; Van Veen, Buckley, 1988) in ultrasonic devices operating in air environment is covered in works (Webb, Wykes, 1996 . This is primarily due to a limitation related to transducer design. Introduction of transducers made of new materials like EMFi (ElectroMechanical Film, described in study (Paajanen et al., 2000) ; application of the material in a transducer intended for operation in air environment is covered in (Ealo et al., 2008 )) or MEMS makes it possible to miniaturize the transducers, but also to use modulated frequency signals. For a more in-depth analysis of echolocation systems based on bats' signals see work (Gudra et al., 2011) . It describes the results of experiments, which present the properties of the developed microphone array for various measurement signals and signal processing algorithms. The experiments involved estimation of the location of a source of a known ultrasonic signal in horizontal plane and estimation of source-matrix distance. Authors used bats-like signals in the experiments in order to examine matrix localization performance. Signal processing used during the research was simply delay-and-sum beamforming with modifications (described in detail in Sec. 4).
Air operating ultrasound microphone array based on MEMS sensors
The main element of the system locating the source of ultrasonic waves is a planar array with 64 MEMS microphones (Micro Electro-Mechanical Systems). A view of one half of the array is shown in Fig. 1 . Vertical projection of the microphone array. The array is symmetric along horizontal axis. Fig. 2 . Directivity function of the array for beam steering equal to 30 [deg] . Also marked is the main lobe's width as a parabolic approximation (Johnson, Dudgeon, 1993) . PW -Parabolic Width, k -wavenumber. Fig. 1 . Two microphone antennae consisting of 32 microphones each were located on the even surface of the array. In all experiments one line of 32 sensors was used for testing. For a microphone antenna with this kind of geometry the directivity function is given by dependence:
where M stands for number of sensors in linear array, D is inter sensor spacing, α is a horizontal angle and α k is a steering angle. 
Since the linear array has 32 sensors, the team opted for sequential measurement signal reading using a system shown in Fig. 3 . Sequential reading sensors signals is based on assumption that the position of measured object is stable. A multiplexing circuit was applied to measure 32 signals using 4 input analog to digital converter. Since authors use 8 multiplexers a demultiplexer circuits was applied to simplify address generation by generating only 6 bits (three for multiplexer selection and three for a particular input selection). The whole muxing process is managed by a measurement controlling microprocessor, which is also responsible for triggering the channel switching sync signal. In our study only half of sensors were used -one 32 element linear array.
Source localization measurements setup
Estimation of spatial resolution and the distance between the source and the array was performed using the arrangement shown in Fig. 4 .
For a given location of ultrasonic wave source the team performed 5 measurements of the signal from each microphone to improve signal to noise ratio. The pulse sent by a computer controlled NI-DAQ 6259M measurement card is properly described by the equation Eq. (3) for constant sine wave CF and Eq. (4) for frequency modulated wave FM.
The Analogue signals generated by the NI card were passed on to an analogue amplifier, which powered the ultrasonic transducer. The source of CF signals was a Tucker-Davis Technologies ES1 electrostatic transducer powered by a dedicated ED1 amplifier. In case of FM signals the team used a Scan-Speak R2904 dynamic transducer powered by a dedicated amplifier.
The whole system was specifically calibrated to achieve signal 1 [V pp ] on the inputs of the Measure- 
When testing in-depth resolution, the team used a shift with resolution of 0.5 [mm] , which in laboratory conditions, at the temperature of about 24 degrees translates to time differences equal to 1.44 × 10 −6
[s]. 
Digital signal processing methods
where parameter m indicates successive sensors in m = 1. . .32 range and parameter p indicates successive measurement in p = 0. . .45 range, eliminating constant component Eq. (7) from a signal obtained in this manner and filtering low-pass Eq. (8) using a FIR type filter
where a l are the coefficients of the FIR low-pass filter. The low-pass digital FIR filter is used to improve signal to noise ratio and in case of upsampling data operates as an interpolation filter. After the signals have been readied as described above, they were processed using delay-and-sum beamforming. Due to the directional properties of a flat linear antenna, shown in Fig. 2, it can be assumed that the tested antenna's beam width is 4.5 [deg] . The team tested spatial resolution for the purpose of estimation of horizontal angle for signals sampled at the frequency of f s . They also tested spatial resolution for signals interpolated using the FIR filter in accordance with the dependence Eq. (9):
where φ is the width of the main lobe of the directional characteristics of the antenna, which in this case is approximated with PW (Parabolic Width) parameter. Delay-and-sum beamforming equation is given by Eq. (10)
where k indicates successive beam steered by angle ∆ϕ k .
As the next stage of the research beamforming was applied to a signal that was a result of a correlation of the transmitted and received signal, in accordance to Eq. (11)
for m = 1, 2, 3. . ., N +1.
Source localization measurements results

Results obtained for constant frequency signals
Measurement results obtained for constant frequency signal with delay-and-sum beamforming algorithm are shown in Fig. 7 . The graphs present the estimated ultrasonic wave incidence angle in function of actual angular position of the source calculated using Eq. (5). Calculation results are presented for two different values of angle ∆ϕ k the successive beams were steered by.
As before Fig. 8 shows results of estimation of DOA. The difference is that this time the results were obtained using sample interpolation algorithm in accordance with Eq. (9) . As in the case of beamforming with no interpolation, the team performed calculations for two different angle values ∆ϕ k . Figure 9 shows the results of estimation of ultrasonic wave incidence angle calculated using correlation of the transmitted and received signal and applying beamforming to the obtained time series. Similarly  Fig. 10 shows the same result set, the only difference being that, these were obtained using upsampling and interpolation in addition. Change of angular position of the signal source results in alteration of source-array distance in accordance with Eq. (12):
Results of estimation of this distance in the theoretical function of source-matrix distance and estimation error are shown in Fig. 11 and Fig. 12 . The difference between the figures is a result of using different processing algorithms. For estimation presented in Fig. 11 the team used traditional delay-and-sum beamforming, and for results visible in Fig. 12 beamforming with function of correlation of the transmitted and received signal was used.
Results for frequency modulated signals
Unlike in case of the results presented in the previous sub-chapter, the results shown below were obtained using variable frequency signal. The results of estimation of ultrasonic wave incidence angle and the source-matrix distance were obtained using algorithms analogous to constant frequency signal. The results obtained using delay-and-sum beamforming algorithm are shown in Fig. 13 . As in case of Fig. 7 , presented are results of calculations performed for two different values of angle ∆ϕ k the successive beams were steered by.
As before Fig. 14 shows results of estimation of ultrasonic wave incidence angle. The difference is that this time the results were obtained using sample interpolation algorithm in accordance with Eq. (9) . As in the case of beamforming with no interpolation, the team performed calculations for two different angle values ∆ϕ k . Figure 15 shows the results of estimation of ultrasonic wave incidence angle calculated using correlation of the transmitted and received signal and applying beamforming to the obtained time series. Similarly Fig. 16 shows the same result set, the only difference being that, these were obtained using upsampling and interpolation in addition.
Results of estimation of this distance in the theoretical function of source-matrix distance and estimation error are shown in Fig. 17 and Fig. 18 . The difference between the figures is a result of using different processing algorithms. For estimation presented in Fig. 17 the team used traditional delay-and-sum beamforming, and for results visible in Fig. 18 beamforming with function of correlation of the transmitted and received signal was used. Table 1 and Table 2 shows results presented as graphs in previous sub-chapters. The figures presented in the tables below are characterised by mean squared error for every type of measurements and can be a basis for conclusions about quantitative comparison of individual methods of estimation of both the ultrasonic wave incidence angle and the source-matrix distance.
Summary of measurements results
Discussion
The performed analyses are related to estimation of the location of a source of a known ultrasonic signal in two-dimensional plane (range, horizontal angle). It should be noted that the experiments were performed for sound wave incidence angles in the range of 0-14. 5 [deg] with a step of 1 [deg] or 0.33 [deg] . On the other hand, the width of the main lobe modelled using parameter PW is equal to 4.5 [deg] with no beam steering. An analysis of the possibilities of estimation of ultrasonic wave incidence angle shows that estimation uncertainty is in most cases below 1 [deg] , increasing the number of beams by condensing parameter ∆ϕ k results in lower mean squared error and more linear processing characteristic. It is also evident that upsampling results in decreased estimation error, both in case of traditional beamforming and beamforming with correlation of the transmitted and received signal. In case of estimation of the source-matrix distance, sample interpolation does not result in decreased position uncertainty for both CF and FM signal. After an analysis of Fig. 12, Fig. 18 and error results in Table 1 , one can conclude that the results of distance estimation are best when modulated signal correlated with received signal is used. The values shown in Fig. 18 , all of which are below 1.7 [m] , are a result of using setup geometry in which the centre of the setup for the minimum source-matrix distance d overlaps the geometric centre of the matrix. Specifically, the minimum distance d occurs, when the source is positioned at the point equal to p = 50 × M × D.
Conclusions
The study involved analysis of the operation of a linear matrix and experimental research, the aim of which was to estimate the position of ultrasonic wave source in two-dimensional space, where angular position of the source in horizontal plane and matrixsource distance are the measures (range, horizontal angle). It can be concluded on the basis of the analysis of the obtained results of experimental research that the error of estimation of both angular position and source-matrix distance depends on the source signal parameters and processing algorithm of the signal recorded by the source. Additionally, it seems that the array is characterised by very good angular resolution and can discriminate the position of the signal source with accuracy of up to 1 [deg] . It is true that in case of source-matrix distance estimation, the best results were achieved, when using frequency modulated signals and correlation based signal processing methods. It is understandable if you take into consideration the characteristics of pulse-compression technology used in radars. In case of sonars used in hydrolocation and espacially location system operating in air environment, it is difficult to generate and receive frequency modulated signals. The use of a array of miniature broadband MEMS sensors, makes it possible to detect signals modelled on bats' signals, which are modulated in frequency domain. The result was better precision of estimation of distance with no change to uncertainty of estimation of the source angular position. It should also be concluded that, as far as digital processing of signals, upsampling and sample interpolation are of significant use at increased angular resolution of microphone antenna. However, when the aim is to minimise the error of estimation of both source angular position and matrix-source distance, it is more reasonable to use methods utilising correlation function combined with delay-and-sum beamforming.
The results presented in the work can be suitable, when designing devices that may be applied in space imaging with the use of echo ranging. This is because the next step of the research is to use the constructed array as a part of location system for objects in air environment.
